In this paper we describe a frequency-domain framework for source identification, separation and manipulation in s t e~o music recordwe show applications of this technique to several problems such as Source enhancement and re-Panning. In this paper we focus on the studio recording. where the different sources are individually recorded and then mixed into a single stereo signal by amplitude panning (we discuss delay-panned mixes in the last section).
INTRODUCTION
There have been recent developments in the area of frequencydomain processing for multi-channel audio processing and compression [I, 2. 31. These methods are based on analyzing the multi-channel input signal into a time-frequency transform and use cross-channel metrics to derive a number of parameters useful in identifying individual sources or other components in the mix. One basic assumption made by these methods is that in the time-frequency transform domain, signal components corresponding to different sources do not overlap significantly. This nonoverlapping requirement, called by some authors W-disjoint orthogonallity [4l, is hardly met in real audio material. However, some studies have shown that with a limited number of speech sources, the condition is closely met [3] . In practice, the nonoverlapping nature of the sources in the audio signal will introduce an error in the parameter estimates that assume no overlap. The effect of this error will be different depending on the type of parameter, and on the particular application. For example, in blind source separation of five linearly-mixed speech sources, only 14 dB SNR improvement was achieved in [4]. Another interesting propeny of lhese methods is that they can be applied when the number of obsemations (at least two) is smaller than the number of sources. For the applications descrjbed in this paper we are interested in stereo input signals with any number of sources in the mix.
We first describe a cross-channel metric, known as the p mning index [I] , that identifies the different sources based on their panning coefficients in the mix. The metric is shown to be robust and its estimation error increases predictably when the amount of overlap increases. Given the behavior of the panning index error, we then propose an adaptive mapping or window function to separate and/or manipulate the individual sources in the mix. Finally -. and right (i = 2) stereo channels respectively. The stereo signal can be written as:
where a,, are amplitude-panning coefficients. For amplitude-panned sources we assume the sinusoidal energy-preserving panning law where QZ, = m.
Panning Index
The source identification technique described here has been applied in the context of multi-channel upmix [I] . To formalize let us first denote the STFT's of the channel signals x,(t) as X ( m , k ) , where m is the time index and k is the frequency index, and i = 1,2. We define the following similarity measure:
0-7803-7850-4/03/$17.00 0 2003 IEEEwhere * denotes complex conjugation. The properties of this function are very useful to our purposes as shown next. If we assume that only one amplitude-panned source s j ( t ) is present in the mix (assuming no reverberation), from the signal model in (I) we can write the left and right signals as m ( t ) = m s j ( t ) and z z ( t ) = as,(t) respectively. The similarity function (2) will have a value proportional to the panning coefficient a in those time-frequency regions where the source has energy (in [I] the non energy-preserving panning law was used), i.e. If the source is panned to the center (i.e. a = 0.7071). then the function will attain its maximum value of one, and if the source is panned completely to either side. the function will attain its minimum value of zero. In other words the function is bounded (unlike other metrics in I4.2.71). Notice, however, that given the quadratic dependence on a, the function (2) 
which is bounded but whose values now vary from minus one to one as a function of the panning coefficient as shown in Figure I . Notice that the panning index will uniquely identify the timefrequency components of the sources in the stereo mix only when they are all panned to different locations and do not overlap significantly in the transform domain. This is unfortunately rarely the case, so many times there will he an estimation error. However. given the properties of (6), the estimation error is hounded. The upper hound is attained when a source panned to either side overlaps in the time-frequency plane with an overlapping source panned to the opposite side. To see this, assume that in ( I ) source si ( t ) is the desired source and there is no reverberation. Given the linearity of the STFT we can write this in the frequency domain as: For a fixed SIR, the maximum error is introduced by the source panned to the most distant location. For instance. when the source is panned to the right (i.e. YO = 1) the largest error will he caused by sources panned to the left (i.e. 9, = 1). In'general, as the magnitude of the interference increases and exceeds the magnitude of the source, the range of the error will increase asymptotically to a maximum equal to Ems= = YO -8,. In Figure 2 we also notice October 19-22.2W3. New paltr, NY that for a given SIR, the magnitude of the error decreases as I I q o 11
decreases. The error with the smallest magnitude corresponds to sources panned to the center.
(or semi-automatic) method to remove lead vocals and instruments is highly appealing to these users.
The problem of lead vocal elimination is extremely difficult since most of the times there is no a oriori knowledee about how
2.2, Panning Index Window
For the applications in this paper we are interested in identifying, selecting and processing a source or sources panned to a pmicular direction. For this we need to select time-frequency bins with panning indices equal to Po. Due to the overlap with other sources, selecting only these bins will exclude bins where the source might still have significant energy but whose panning index has been altered by the presence of the interference. Thus, selecting bins in a window around PO will help to reduce distortion (at the price of increased interference). Using the properties of the error we can design a panning index window as follows.
The desired behavior of the window function is to let components with values equal to Bo pass unmodified, weigh and pass components with panning indices near Po, and reject the rest. In this paper we propose a symmetrical tapering window function centered around PO. The width of the window uill determine the trade-off between distortion and interference, and will vary in width depending on r o and the maximum level of interference allowed. A useful function for these purposes is a Gaussian window function, i.e.: (8) where Qo is the desired panning index value, E controls the width of the window, and U is a floor value necessary to avoid setting S T F I values to zero, which might result in musical-noise artifacts. Since the Gaussian function reaches zero asymptotically, the value of ( is obtained by assuming that the window will effectively reject values beyond a certain point 9c where the function reaches a small value of A (e.g. A~B = -60 dB). The rejection point 9, is calculated as the maximum panning index error introduced by the interference for a given SIR value. From (S) with U = 0 we compute the value of E as (9)
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APPLICATIONS
We have previously shown applications of the panning index to multi-channel audio upmix (e.g. center-channel synthesis [I] ). In this paper we focus on applications to stereo recordings. The idea is to use the panning index to identify and manipulate the signals in the STFT domain by computing and applying a time-frequency mask lo modify the STFT magnitude, and reconstructing a processed signal using a least-sauares oDtimal reconstruction STFT synthesis [6].
Source Suppression
Techniques capable of removing the lead vocals or lead instruments from a commercial musical recording have been of interest to Karaoke enthusiasts, music students and professional musicians. While play-along and sing-along recordings are widely available . ~~ I the different instruments and vocals were recorded and mixed into a stereo signal. A well-known vocal elimination technique is the left-right (L-R) technique that subtracts the left minus the right channels assuming a simplified model of the mix in which the lead source is panned in amplitude (and phase) to the center. While this assumption is valid for the vast majority of popular music recordings, the lead vocal or instrument is not always the only source panned to the center, thus the L-R technique will remove these other center-panned sources as well. Another problem with this technique is that the resulting signal is monaural. Some techniques try to overcome this limitation by applying pseudo-stereophony processing to the resulting monaural signal. A refinement of the L-R approach is to perform the signal subtraction only in a frequency band in the range of interest (e.g. for vocals roughly 100
Hz to 8 mz). The resulting signal of this partial L-R is stereo outside the elimination band. However, the soundstage image in this frequency band will be compromised. Other refinements include the suppression of sources when they are off-center, for example by doing a weighed L-R suhtraction.
The technique proposed in this paper is similar to a frequencydomain vocal suppression method proposed in [71, u,hich overcomes many of the limitations of the L-R approach. The technique uses the ratio of the left and right STFT's to identify components that are panned to the center (i.e. ratio values near unity) and applies magnitude modification to suppress these components. In our case we use the panning index (6) and the window (8) INotice that this is equivalent to a brick wall filter. In practice. a less azmessive filter is used to reduce time-domain aliasing.
Source Enhancement
In some applications one might be interested in accentuating the The results with this algorithm vary depending on the music material used. In an informal listening test, where stereo mixtures with two musical instruments and a vocalist were anificially genlead svaightfonvard to design a SOurce enhancement algorithm.
Or
Using the panning index in (6) it is To eraled, [he vocal signal was re.panned to multiple directions. In all cases the direction, was identified as being in fie the Source we multiply the input sTFT's by (8)* However, depending on the amount of overlap with other sources, the re-panned source suffered some amount of spatial smearing. apply a gain and add to the input signal STFTs as: 
Source Re-Panning
Another interesting application is to modify the direction of a source in the stereo image (panorama). To do this we identify the source using the panning index and multiply the input STFr components by O(m, I;) and a gain factor that is the ratio of the actual panning gains and the desired panning gains, i.e.:
DISCUSSION
So far we have illustrated some of the capabilities of the panning index approach. It is worth noting that since we are dealing with commercial music recordings, there is little information about the mixing process and the results will vary according to how much the actual signal deviates from the simplified model considered in this study. One area of future r e s e a h is to derive a robust metric for the case of live recordings, where non-coincident microphone techniques will result in a stereo mix panned in delay. While some techniques have been proposed to deal with this problem in simplified scenarios, such as mixtures of a few speech signals or communication signals [41. it seems that a more robust metric is needed to handle the case of musical recordings.
